





Versatile transmission ICs 


for electronic telephone sets 


The TEA1060 and TEAI061 are integrated transmission 
circuits for use in fully electronic telephone sets. They perform 
all of the interfacing functions between the microphone 
transducer unit, the receiver transducer unit, the dialling 
circuits (either DTMF or line interrupt), and the line. These 
ICs can accommodate a large variety of transducer types and a 
wide range of transducer sensitivities; they also allow a choice 
of set design architectures. 

The application of the integrated circuits in practical tele- 
Phone circuits is described. The options of the Wheatstone 
Bridge or the TEA1060/TEAI1061 special bridge for anti- 
sidetone balance are discussed in relation to telephones match- 
ing to either real or complex impedance. 


INTRODUCTION 

The TEA1060 and TEA1061 are integrated transmission 
circuits which permit fully electronic telephone sets to be 
designed for virtually any kind of telephone transducer and 
set-impedance. Although the ICs have been designed primarily 
for the increasingly-used common-line interface systems (with 
electronic switching between dialling and speech), they are also 
totally suitable for the separated-speech systems (with a two- 
wire connection between the dialling base and the handset). 
They can be used with either complex or real set-impedances, 
in either the special TEA1060/TEA1061 anti-sidetone bridge 
or the Wheatstone bridge configuration. 


This article is based on work by P.J.M. Sijbers, of the Central 
Application Bureau of the Electronic Components and Materials 
Division of Philips in Eindhoven, The Netherlands. 


Small differences between the two ICs mean that low- 
sensitivity dynamic and magnetic microphones generally 
employ the TEA1060, whereas high-impedance piezoelectric 
and electret microphones use the TEA1061. 


DESCRIPTION OF THE INTEGRATED CIRCUITS 
The block diagram of both TEA1060 and TEA1061 is shown 
in Fig. 1. The internal functions are as follows. 


@ Voltage regulator with adjustable static resistance, and the 
facility for adjusting the voltage drop externally by approx- 
imately +0.6 V. 

@ Supply point for driving peripheral circuits. 

@ Microphone amplifier with wide gain-setting range, and 
frequency roll-off with adjustable cut-off frequency. 

@ Low-impedance symmetrical differential microphone input 
for dynamic and magnetic microphones on the TEA1060. 

@ High-impedance microphone input for piezoelectric 
microphones (symmetrical connection) or for electret 
microphones with a source-follower or preamplifier (asym- 
metrical connection) on the TEA1061. 

@ DTMEF input with confidence tone. 

@ Transmitting output stage. 

@ Receiver amplifier with two complementary outputs 
suitable for magnetic, dynamic or piezoelectric earpieces; 
amplifier has wide gain setting range and adjustable cut-off 
frequency. 

@ Additional control of gain by line-current, optimised for 
600 2 feeding bridge, adaptable for various exchange 
supply voltages. 
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Fig.1 Block diagram of TEA1060 and TEA1061 
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Fig. 2 Encapsulation outline and pinning functions 
of TEA1060 and TEA1061 


@ Mute input to inhibit both the earpiece amplifier and the 


microphone amplifier during dialling, and to permit DIMF Pin Name Function 
input and confidence-tone. [- JEN Positive line terminal. 

@ Power-down input to minimise the internal supply current 2 GASI Gain adjustment; transmitting amplifier. 
of the IC during line interrupts with pulse dialling or 3. GAS2 Gain adjustment; transmitting amplifier. 
register recall; the voltage regulator capacitor is discon- 4 QR- Inverting output; receiving amplifier. 
nected so as to produce resistive characteristics during pulse 5 QR+ Non-inverting output; receiving amplifier. 
dialling. 6 GAR Gain adjustment; receiving amplifier. 
The anti-sidetone circuit is implemented outside the IC by 7 MIC— — Inverting microphone input. 

means of discrete components, thus allowing maximum flex- 8 MIC+ Non-inverting microphone input. 

ibility of circuit design. 9 STAB Current stabiliser. 

Pinning is shown in Fig. 2 (see also the data sheet). Pin func- 10 VER Negative line terminal. 

tions are given in the list, and these abbreviations are used 11 IR Receiving amplifier input. 

throughout the descriptions that follow. 12 PD Power-down input. 

These integrated circuit chips are also available in the SO-20 13 DTMF ~ Dual-tone multi-frequency input. 
encapsulation (small outline with 20 pins) under the type 14 MUTE Mute input. 

number TEAI066T. Is VEc Positive supply decoupling. 

The main functions of the TEA1060 and TEA1061 are 16 REG Voltage regulator decoupling. 
described in the following sections with reference to the applic- 17 AGC Automatic gain control input. 
ation circuit shown in Fig. 3. 18 SLPE Slope (d.c. resistance) adjustment. 
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SUPPLY CONSIDERATIONS 

The integrated circuit is supplied with current from the line; 
the general supply arrangements are shown in Fig.4. The 
dynamic impedance of the whole circuit is determined by RI, 
or more exactly, by the value of RI/Rp, in which Rp is an in- 
ternal resistor whose value is 17.5 kQ. The network R1IC1 pro- 
vides a smoothed voltage Vcc both for the IC itself 
(IcC =1 mA) and also for the peripheral circuits (Ip). 


Supply to the integrated circuit 
The direct current which flows into the set is determined by the 
exchange supply voltage (Vexch), the resistance of the feeding 
“> bridge (Rexch), the d.c. resistance of the subscriber line 

(R]ijne), and the d.c. voltage across the telephone set including 
the polarity guard. 

If the line current IJjne exceeds the value given by 
(Icc + 0.5 mA + Ip), then the voltage regulator diverts the ex- 
cess current through LN (see Fig. 4). 

The voltage drop across the circuit is Vj N, where 


VLN = Vref +USLPE x R9), 
in which, 

Vref = internal reference voltage (4.2 V) 
and 

ISLPE = Nine-—ICC-—0.5 mA~—Ip. 


The internal reference voltage is temperature-compensated, 
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Fig.4 Power supply arrangements 
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Fig.5 Equivalent impedance of TEA1060 and TEA1061 


giving a low temperature coefficient of the line voltage VN, 
typically about —2 mV/K at I]jne=15 mA. 

Normally, ISLPE >> cc +0.5 mA+Ip), which means 
that the equivalent circuit for d.c. conditions is that of a4.2 V 
regulator diode in series with a resistor R9 as shown in Fig. 5. 
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Fig.6 D.C. characteristics of the TEA1O60 and TEA1061 


The d.c. voltage VI_N is shown as a function of line current 
in Fig.6, the slope of the graph being determined by R9. Note 
that R9 also determines the microphone gain and influences 
the gain-control characteristic. Furthermore, it affects the 
side-tone because R9 is a branch of the anti-sidetone circuit. 
The bridge must be re-balanced if the value of R9 is changed 
(the preferred value of R9 being 20 Q). 

If necessary, the voltage drop across the circuit (V]_N) can 
be reduced by means of an external resistor 
(RVA(1-16) 2 50 k&2) connected between LN (pin 1) and REG 
(pin 16). However, the resistor causes slightly increased spread 


in the voltage drop and a slightly modified temperature coef- © 


ficient. An increase in this voltage drop can be obtained by 
means of an external resistor (RVA(16-18) 2 30 k&) con- 
nected between REG (pin 16) and SLPE (pin 18). Figures 7a 
and 7b show V[_N as a function of the value of these resistors, 
measured at 15 mA line current. With RyA(1-16) = 68 kQ, 
Fig. 7a shows that VEN = 3.75 V + 0.3 V at Ijine = 15 mA. 
With RVA(16-18) = 39 k& this results in VLN = 5.0+0.3 V 
at Tine =15 mA. 


Supply to peripheral circuits 

The voltage available at the Vcc pin can be used for supplying 
power to peripheral circuits such as a pulse dialler or a 
microcomputer with its own peripheral circuits; an electret 
microphone with a source-follower or preamplifier can also be 
powered from Vcc. 

The current Ip and the voltage Vcc which are available are 
limited and are dependent on the values of discrete com- 
ponents in the circuit and on the line current. In Fig.8 the 
available current Ip is shown as a function of Vcc measured 
at line=15 mA. The maximum value of Ip as a function of 
Iline is shown in Fig.9 for the speech condition, and in Fig. 10 
for the mute condition, with the same parameters as in Fig. 8. 

It can be seen that the lowest value of VCC occurs when 
Nine =15 mA. The available current Ip is determined by the 
minimum value of supply voltage required for the peripheral 
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Fig.7 Voltage VL shown as a function of external resistance: 
(a) resistor Ryai1-16) between LN and REG 
(b) resistor RyA(16-18) between REG and SLPE 
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Fig.8 D.C. current |, available from the pin Vcc with line current 
line = 15 mA, R1 = 6202, and ROY = 202 
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Fig.9 Maximum current Ip and the corresponding voltage Vcc as 
a function of the line current in the speech condition, with signal 
conditions as defined in Fig. 8 
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Fig. 10 Maximum current Ip and the corresponding voltage VCC 
as a function of the line current under mute condition, with signal 
conditions as defined in Fig. 8 


circuits. For most CMOS integrated circuits the minimum 
supply voltage will be 2.5 V. Allowing for a voltage drop of 
0.3 V for a Schottky enable diode, and also allowing a safety 
margin of 0.2 V, the minimum value of Vcc will thus be 
3.0 V, giving a maximum available peripheral current of 
1.2 mA under mute conditions, and 0.73 mA under speech 
conditions with an extremely high and continuous telephone 
amplifier drive. In practice, the maximum available peripheral 
current will be higher than 0.73 mA under speech conditions 
because the telephone amplifier is not normally driven con- 
tinuously. At higher values of line current, the maximum 
values of available Ip and VC¢ are both increased; the limit on 
Ip is then imposed by the requirement to maintain at least the 
minimum permitted voltage between pins Vcc and SLPE. 
This limit occurs at I|jne = 37 mA for VCC 2 2.2 V, and at 
lline 2 75 mA for Vcc 2 3 V in the mute condition (Fig. 10). 

If increased values of Ip or Vcc, or both, are necessary, 
then a supply circuit such as that of Fig. 1la can be used. An 
inductor in parallel with R1 considerably enhances the supply 
capabilities; however, to avoid the need for an excessively large 
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Fig.11 Increasing supply capability: (a) with an inductor in parallel 
with R1, and (b) with an artificial inductor in parallel with R1 


Or expensive inductor, an electronic solution is better for 
values of Ip in excess of 3 mA (see Fig. 11b). The inductance 
must be more than 2.5 H to fulfill the requirements of balance 
return loss (BRL 2 20 dB at a frequency of S500 Hz). The max- 
imum value of series resistance of the inductor depends on the 
maximum required Ip and minimum required VCc. For 
example, with VCC 2 3.5 V and with Ip 23 mA the max- 
imum series resistance is 180 Q. (The use of an electronic in- 
ductor or a lumped inductor is described in Ref. 1). 


MICROPHONE AMPLIFIER 

Both the TEA1060 and the TEA1061 have symmetrical 
microphone inputs, and the choice of IC is determined by the 
type of microphone capsule that is to be used. The TEA1060 is 
intended for low-sensitivity microphone capsules with 
dynamic or magnetic transducers; these generally require a 
gain of greater than 44 dB. The TEA1061 is designed for use 
with electret microphones with source followers or preampli- 
fiers, or for use with piezoelectric microphones, both of which 
require a high impedance termination and a gain of between 
30 dB and 46 cB. 


Microphone amplifier in TEA1060 

The TEA1060 has a low-impedance symmetrical microphone 
input of 2 x 4 kQ. If a lower input impedance is necessary, 
then this can be achieved by adding an external resistor bet- 
ween pins MIC+ and MIC—. Dynamic or magnetic 
microphones can therefore be connected simply as shown in 
Fig.12, the value of the resistor depending on the impedance 
required. Input signals up to 17 mV r.m.s. can be accepted for 
a 2% level of total harmonic disortion (dtot = 2%) because of 
the internal soft limiting. 
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Fig. 12 Method of connecting dynamic or magnetic microphone to 
the TEA1060 


The gain of the microphone amplifier, measured between 
the microphone inputs and the transmitting amplifier output 
LN, is given by the following equation. 


R7+ Ig R|Ryp 
x 
R5R9 -Rj+Rz 








Am (TEA1060) = 1.356 x 


where, 
Rj = R1//17.5 k®, the dynamic resistance of the circuit 
RL, = load resistance at LN during measurement 
tq = dynamic resistance of the internal circuitry (3.47 kQ). 


If, for a practical circuit such as that shown in Fig.3, we in- 
sert in the above equation the realistic values R7 = 68.1 kQ, 
RS = 3.65 kQ, RO = 20 2, RI = 620 ®, and RT = 600 Q, 
then: 


20 logAm (TEA1060) = 52-°1-dB, 


For various microphone sensitivities, the gain can be set over a 
range of +8 dB by means of R7, which can take values bet- 
ween 25 kQ and 180 kQ. The microphone gain is shown as a 
function of R7 in Fig. 13. 
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Fig. 13 Microphone gain (AwiteA1o60), and AnyteA1061)) and 
DTMF gain (ADTMEF) against the value of R7 


It is apparent that any different choice of the static 
resistance of the set (R9) directly influences the gain of the 
transmitting channel. The value of R9 also has effects on the 
d.c. characteristics, on the gain-control characteristics, and on 
the balancing of the anti-sidetone bridge. Resistor RS 
(3.65 k92) determines the current in an internal current 
stabiliser and no alternative value is permissible. 


Microphone amplifier in TEA1061 

The TEA1061 has been designed with a reduced microphone 
sensitivity and with a symmetrical high-impedance input of 
2x 20 k®. The voltage gain is 14 dB lower than that of the 
TEA1060, and so we can write: 


20 logAm (TEA1061) = 20 logAm (TEA1060) — 14 dB. 


Thus, with the same component values as those used above, we 
can derive that: 


20 logAm (TEA1061) = 38 +1 dB. 


This gain can also be adjusted over a range of +8 dB by 
means of R7 as shown in in Fig. 13. The connection of an elec- 


tret microphone is shown with a source follower in Fig. 14a, 
and with a preamplifier in Fig.14b: the connection of a 
piezoelectric microphone is shown in Fig. 14c. The microphone 
input of the TEA1061 accepts signals up to 85 mV for 
dtot = 2% with internal soft limiting. 

Symmetrical clipping at the LN output can be obtained by 
using an 8.2 V voltage regulator diode between LN (pin 1) and 
SLPE (pin 18) as shown in Fig. 3. 


Stability and frequency roll-off 

The 100 pF external capacitor C6 between GASI1 and SLPE is 
necessary for ensuring the stability of the transmitting 
amplifier. Larger values can be applied, and these will then 
operate as a first-order low-pass filter, the cut-off frequency of 
which is determined by the time-constant R7C6. This gives 
f3dB = 23 kHz with R7 = 68.1 k@, and C6 = 100 pF. 


DTMF AMPLIFIER 

A dual-tone multi-frequency dialling signal can be applied to 
the ICs through the DTMF input at pin 13 which has a 20 kQ 
input impedance. The voltage gain of either of the ICs 
(TEA1060 or TEA1061) measured between the DTMF input 
and the transmitter output at LN is 26.5 dB less than that of 
the microphone amplifier of the TEA1060. That is, 


20 logA(DTMF) = 20 logA(TEA1060) — 26.5 dB. 


The DTMF gain depends on the values of R1, R5, R7, R9 
and Rj in the same way as the microphone gain (see Fig. 13). 
Thus the choice of gain to suit one particular microphone cap- 
sule will also predetermine the DTMF gain. The dialling tones 
must therefore be adjusted to the appropriate level before they 
are applied; the DTMF input accepts signals up to 170 mV 
r.m.s. for dtot = 2% with internal soft limiting. 


RECEIVING AMPLIFIER 

The input of the receiving amplifier is IR at pin 11. The 
amplifier has two complementary Class B outputs, the non- 
inverting output QR+ at pin 5, and the inverting output QR — 
at pin 4. The output can be derived in either single-ended or 
differential configuration, depending on the application. 

The receiving amplifier has been designed to drive either 
dynamic, magnetic, or piezoelectric earpieces as indicated in 
Fig.15. An earpiece such as a low-impedance dynamic or 
magnetic capsule, with an impedance up to 450 Q2 must be 
driven in the single-ended configuration, as shown in Fig. 15a. 
For impedances above 450 Q, with a high-impedance dynamic, 
magnetic, or a piezoelectric capsule, differential drive is poss- 
ible, as shown in Fig. 15b; the additional resistor (1) shown in 
Fig. 15c can be used in series with an electromagnetic telephone 


«~~ capsule to prevent distortion of the output signal when the 





Fig. 14 Methods of connecting microphones to the TEA1061: (a) 
electret microphone with source follower, (b) electret microphone 
with preamplifier, and (c) piezoelectric microcrophone 
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Fig. 15 Connection of receiving transducers: (a) dynamic earpiece 
with Z7 2450, (b) dynamic earpiece with ZT<450@, (c) magnetic 
earpiece with Z7 2450, and (d) piezoelectric earpiece 


output stage is deficient in available current. To preserve 
stability with a piezoelectric earpiece, the series resistor is re- 
quired, as shown (2) in Fig. 15d, as this type of transducer 
represents a capacitive load. Although capacitive loading is 
permissible, up to a maximum of 100 nF between QR+ and 
QR-, the decrease in phase margin caused must be restored 
by a series resistor Rs (for example, Cy, = 100 nF, Rg = 50 Q). 


With an asymmetrical load, the gain ATA of the receiving 
amplifier, measured between the input IR and the output 
QR-+ is given by: 

R4 Zy 


ATA = 0.657 x — x 
RS ZT +Io 





where, 
ZT =impedance of earpiece, 
and 
To = Output impedance of receiving amplifier (# 4 Q). 


If we insert the values R4=100 kQ, RS=3.65 k®, and 
ZT = 450 , we have: 


20 logATA = 25 +1 GB. 


With both outputs QR+ and QR— being used in a sym- 
metrical drive, the gain ATs is increased by about 6 dB, and is 
given by; 

R4 Ly 


ATS = 1.314x — x 
R5 fy F2i 





If we insert the values for R4, RS, and ZT which were used 
above, we have: 


20 logATs = 31 +1 dB. 


The gain of the receiving amplifier can be adjusted over a 
range of +8 dB by means of R4. Gain (ATA and ATs) and 
confidence tone (ACT) as a function of the value of R4, for 
both symmetrical and asymmetrical drives, are shown in 
Fig. 16. 
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Fig.16 Gain of receiving amplifier (AT a and ATs) and confidence 
tone (AcT) against the value of R4 


The signal received on the line is attenuated by the anti- 
sidetone network by about 32 dB before it enters the amplifier; 
this is discussed later, under ‘Anti-sidetone circuit’. Frequency 
response between the line LN and the input IR is almost flat in 
the audio frequency range when using the _ special 
TEA1060/TEA1061 bridge configuration. 

The signal at the input IR of the amplifier is internally 
limited by symmetrical soft limiting to 34 mV r.m.s. for 
dtot = 2% and to 106 mV r.m.s. for dtot = 10%. 


Stability and frequency roll-off 

Stability is ensured by the use of the two discrete capacitors C4 
and C7 in Fig.3. Capacitor C4 is connected between QR+ and 
GAR, and capacitor C7 is connected between GAR and VER. 
The value of C7 must be ten times greater than that of C4, and 
the values are generally C4= 100 pF and C7 = 1 nF. A larger 
value of C4 may be chosen so as to obtain a first-order low- 
pass frequency characteristic, the cut-off frequency being 
determined by the time-constant R4C4. In this case, the ratio 
of 10:1 for C7:C4 must be preserved. With C4 = 100 pF and 
with R4 = 100 k®, the cut-off frequency f3 qp is 16 kHz. 


CONFIDENCE TONE 
During DTMF dialling, the dialling tone can be heard at a low 
level in the earpiece. The level of the tones at the telephone 
output depends both on the gain of the receiving amplifier and 
also on the level of tone applied to the DI'MF input. 

The gain ACT between the DTMEF input and the telephone 
output is given by: 


20 logAcT = 20 logAT — 44 dB, 


where AT is a general term for telephone gain and can be 
replaced by either ATA for the gain with the asymmetrical 
load, or by ATs for the gain with the symmetrical load. 


LINE-CURRENT-DEPENDENT GAIN CONTROL 
The gain figures of the microphone amplifier and of the receiv- 
ing amplifier which were derived above are applicable only 
while the AGC is inoperative; that is, with the connection to 
pin 17 open circuit. When the resistor R6 is connected between 
AGC and V Ff, line-current-dependent gain-control of both 
the microphone amplifier and the receiving amplifier operates 
(the DIMEF amplifier is not affected, however). 

Above a specific value of the line current, I|jne-start, the 
gain of both of the controlled amplifiers decreases as a func- 
tion of increasing d.c. line current. The gain-control range of 
both amplifiers is typically 6 dB, which corresponds to the re- 
quirements for a line length of 5 km of 0.5 mm copper 


twisted-pair cable with a d.c. resistance of 176 9/km and an 
average a.c. attenuation of 1.2 dB/km. The slope of the gain 
control characteristic has been chosen to give optimum track- 
ing between the cable attenuation and the required amplifier 
gain for a system with a 2x 300 @ feeding bridge, and this is 
achieved with an error of < 0.8 dB. If cables with different 
parameters are used, then a small additional tracking error will 
be introduced. 


Correction for supply voltage of exchange 

The value of resistor R6 must be chosen in accordance with the 
supply voltage of the exchange. Figure 17 shows the control 
characteristics for Vexch values 24 V, 36 V, and 48 V with a 
feeding bridge of 2x300 Q. The corresponding optimum 
values of R6 are 48.7 kQ with 24 V, or 78.7 kQ with 36 V, or 
110 kQ with 48 V. Figure 17 also shows the relationship bet- 
ween cable length and line current. 


Correction for resistance of feeding bridge 

If the feeding bridge has a resistance other than 600 , then R6 
must be adjusted; this will introduce a minor increase in track- 
ing error in the automatic gain control (< 1.2 dB error) 
because the AGC characteristic has been optimised for a 600 
feeding bridge. 

Figure 18 shows the control characteristics for a 400 Q 
feeding bridge with exchange supply voltages of 24 V, 36 V, 
and 48 V. Figure 19 shows the characteristics for an 800 @ 
bridge and 36 V, 48 V, and 60 V, and Fig.20 shows the 
characteristics for a 1 kQ bridge at the same voltages. 
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Fig.17 Gain control characteristics, with a 600 & feeding bridge, 

RQ = 20, and cable consisting of 0.5 mm diameter copper 

twisted pair, having d.c. resistance of 176 /km, and an average 
a.c. attenuation of 1.2 dB/km 
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Fig.18 Gain control characteristics, with 400 Q feeding bridge, 

and other data as defined for Fig.17. (The line for 48 V and 
140 kQ intersects the O km line at 100 mA). 
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Fig. 19 Gain control characteristics, with 800 2 feeding bridge, 
and other data as defined for Fig. 17 
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Fig.20 Gain control characteristics, with 1000 feeding bridge, 


and other data as defined for Fig. 17 


The optimum values of R6 for the various values of ex- 
change supply voltage and exchange feeding bridge resistance, 
with RO = 20 Q, are as follows. 


Rexch (£2) 
400 600 800 1000 
Vexch ©) R6 (Q) with RO = 202 
24 61.9 48.7 — — 
36 100 78.7 68 .O 60.4 
48 140 110 93.] 82.0 
60 — — 120 102 


ANTI-SIDETONE CIRCUIT 
To avoid the reproduction of microphone signals in the 
telephone transducer, an anti-sidetone circuit takes the 
microphone signal which is available at SLPE (pin 18) and uses 
it to cancel the microphone signal at the input IR of the receiv- 
ing amplifier. 

The design of the anti-sidetone circuit depends initially on 
whether the special TEA1060/TEA1061 bridge or the conven- 
tional Wheatstone bridge is to be used; both are shown in 
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Fig.21. For the TEA1060/TEA1061 bridge in Fig.2la, the 
bridge components are R1/Zjjne, R2, R3, R8, RY, and Zpal. 
For the Wheatstone bridge in Fig21b, the comparable bridge 
components are R1/Z]jne, R8, R9, RA, and Zpa]. 

These two bridge arrangements are discussed in more detail 
in the Appendix. Both bridges can be used either with a 
resistive set impedance or with a complex set impedance. A 
brief comparison of the two bridges and the two types of set 
impedance can be made as follows. 


TEA1060/TEA1061 bridge 

If fixed values are chosen for R1, R2, R3 and R9, the condi- 
tion in the TEA1060/TEA1061 bridge (Fig.21a) for optimum 
anti-sidetone performance during transmission is given by: 


R8 


Z — ees Tee 
bal RI line 


The value of R8 must be chosen to meet the following criteria: 

— compatibility with a standard capacitor from the E6 or 
E12 range for Zpa]; 

— |Zpal/R8| << R3 > 

— |Zpa] + R8| >> RY 
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Fig.21 Anti-sidetone circuits with either TEA1060 or TEA1061: 
(a) in special TEA1060/TEA1061 bridge, and (b) in Wheatstone 
bridge 


= 


The attenuation of the incoming signal can then be derived 
from: 


Vir Ry /R3 
VEN _R2+(R4//R3)’ 


where Rj is the input impedance of the receiving amplifier 
(20 kQ). This attenuation is generally about 32 dB in a prac- 
tical circuit. Frequency dependence of the input attenuation is 
negligible, there being less than 0.5 dB difference in attenua- 
tion at all frequencies from zero to infinity. 

Complex set impedances can be used instead of R1, and nor- 
mally the bridge can be re-balanced by re-adjusting the values 
of R8 and Zpaj, and R2 or R9. 

The TEA1060/TEA1061 bridge configuration has the ad- 
vantage of an almost flat receiving transfer function in the 
audio frequency range, either with a resistive set impedance, or 
with a complex set impedance. Furthermore, the attenuation 
of the bridge for the received signal is independent of the value 
of Zpa] with the standard 600 Q impedance. 

Disadvantages include the need for an extra resistor beyond 
those required by the Wheatstone bridge, and the necessity for 
a relatively large capacitor (200 nF) in Zpa]. Calculation of 
new values is also sometimes considered to be more difficult, 
particularly with complex impedances. 

The Appendix gives a more detailed analysis of the 
TEA1060/TEAI1061 bridge. 


Wheatstone bridge 

The conditions in the Wheatstone bridge (Fig.21b) for op- 
timum anti-sidetone performance while transmitting are given 
by: 


R8& RiZiine 
Lal. ae 6S 
RO R1+ Aline 
With this sending condition fulfilled, the attenuation of in- 
coming signal is given by: 


Vir R8/R Ra 
VIN Zhai + (R8/Ri/Ra) 


where R¢ is the input impedance of the receiving amplifier 
(20 kQ). With Ra =™, this attenuation varies typically from 
about 24 dB to about 27.5 dB over the normal telephone 
audio frequency range; the lower attenuation occurs at the up- 
per frequencies. RA is used for adjusting bridge attenuation, 
the value having no influence on the balancing of the bridge. If 
complex set impedances are used with the Wheatstone bridge, 
then the frequency dependence of the transfer function is in- 
creased. 


The Wheatstone bridge offers the advantages of needing one 
fewer resistor, and of requiring only a small capacitor 
(10 nF) in Zpal, and also that the values with either resistive 
or complex impedances are relatively easily calculated. 

Disadvantages are the dependence of the attenuation of the 
bridge on the value of Zphaj], and also the frequency- 
dependence of that attenuation. 

The Appendix gives a more detailed analysis of the 
Wheatstone bridge with the TEA1060 and the TEA1061. 


MUTE INPUT 

Electronic switching between dialling and speech can be ob- 
tained by controlling the MUTE input at pin 14. If a high level 
input (2 1.5 V, < 15 pA) is applied to MUTE, then both the 
microphone and the receiving amplifier inputs are inhibited 
and the DTMF input is simultaneously enabled. The converse 
situation, with DTMF inhibited and the microphone and 
receiver amplifiers both enabled, is obtained either by applying 
a low-level input (<0.3 V) to MUTE, or by leaving MUTE 
open circuit. The switching takes place with negligible clicking 
at the earpiece and on the line. 


POWER-DOWN INPUT 

The power-down input PD at pin 12 is available for use in 
pulse dialling and in register recall applications, where the 
telephone line is interrupted, leaving the set without con- 
tinuous power. During these interrupts, the transmission IC 
and the peripheral circuits must be supplied by the charge in 
the smoothing capacitor Cl connected to Vcc (pin 15) in 
Fig.3. The requirements of this capacitor can be relaxed if the 
power-down function is used. 

When a high-level input (2 1.5 V, < 10 pA) is applied to 
PD, the internal supply current Icc is reduced from 1 mA to 
typically 50 pA. Furthermore, the voltage regulator capacitor 
C3 at REG (pin 16) is internally disconnected to prevent it 
from being discharged during line interrupts. After each inter- 
rupt, the voltage regulator takes over immediately (no delay), 
resulting in a ‘rectangular’ current waveform. 


IMMUNITY TO R.F. SIGNALS 

In a strong radio frequency electromagnetic field, it is possible 
for common-mode amplitude-modulated r.f. signals to be pre- 
sent on the a/b lines. These common-mode signals can 
sometimes become differential-mode signals as a result of 
asymmetrical parasitic capacitances to ground; this may occur, 
for example, through the hand of the subscriber holding the 
handset. Steps have to be taken to avoid the possibility of these 
signals being detected and the low frequency modulation ap- 
pearing as unwanted signal at the earpiece or on the line. 
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Small discrete capacitors are necessary to suppress the un- 
wanted r.f. signals before they can enter the circuit. In Fig. 22 
these capacitors are shown as C8 and C9 at the microphone in- 
puts, C10 at the telephone input IR, C13 at the supply point 
Vcc, and Cll at the transmitter output LN. All of the 
capacitors are connected to the common VER. 


POLARITY GUARD AND TRANSIENT 
SUPPRESSION | 

It would be possible for an unprotected transmission IC to be 
destroyed by excessive current surges on the telephone lines if 
no proper measures were taken. The type of protection which 
will be needed depends on the architecture of the set. Those 
sets with only DTMF dialling require different protection from 
that required by sets which have either pulse dialling only or 
DTMEF dialling with ‘flash’ (register recall by means of a timed 
line interruption). 

With DTMF dialling only, the bridge rectifier (Fig. 3) which 
normally acts as a polarity guard also incorporates two voltage 
reference diodes (such as BZW14). Under normal operating 
conditions, one of the two voltage reference diodes conducts 
current while the other is non-conducting. If the voltage across 
the set temporarily exceeds the reference voltage of the 


R10 
132 BZX79 


8.2V 
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Ie 


telephone BZW14 


line 


b/a 








previously non-conducting diode, it will conduct and limit the 
voltage across the set. The maximum permissible voltage 
across the transmission circuit is 12 V continuously for both 
the TEA1060 and the TEAI1061, and is determined by the 
collector-emitter breakdown voltage of the integrated circuit 
process used. 

Further protection is offered by the resistor R10 in series 
with the bridge rectifier, which limits the current that can be 
drawn by the IC. 

For DTMF dialling with flash, or for pulse dialling, a dif- 
ferent protection arrangement is necessary because, during line 
interruption, the line current must be zero. This means that the 
bridge rectifier must be able to withstand a relatively high 
voltage, of the order of 200 V. A polarity guard using four 
BAS11 diodes is appropriate for this purpose, and protection 
against line current surges can then be obtained by means of a 
suitable VDR connected between the a/b lines in front of the 
polarity guard. 

The speech circuit is protected against the kind of over- 
voltages that may occur, for example, during switching in, by 
means of a 12 V regulator diode connected between LN and 
VEE, or the 8.2 V voltage regulator diode (BZX79-C8V2) con- 
nected between LN and SLPE. The latter method also pro- 
vides symmetrical clipping of the sending signal. 
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Fig.22 Application of TEA1060 or TEA1061 with dynamic ear- 
piece (ZT2450 2) and DTMEF dialling. Pulse dialling or register 


recall would require different protection 
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COMMON-LINE INTERFACE ARCHITECTURE 

A set architecture with a common line interface for both the 

speech and the dialling functions offers the following advan- 

tages. 

@ Well-defined interface between the speech IC and the diall- 
ing and control circuits (supply, common, DIMF, MUTE, 
power-down and interruptor). 

@ Switchover from dialling to speech is virtually click-free 
because of the internal mute function. 

@ No duplication of line interface function. 

@ Confidence tone during DTMF dialling is possible. 

@ No extra peripheral components are needed for switchover 
from dialling to speech. 

@ Modular approach offers flexibility in design of dialling 
features. 

The circuit shown in Fig. 22 is a typical application circuit 
with common line interface. 

Figure 23 shows the block diagram of a basic DTMF set 
with a CMOS DTMF dialler such as the dual-standard (DTMF 
and decadic) PCD3310 now in development. In Fig. 24, a 
basic pulse dialling set is shown with one of the PCD3320 
family of CMOS interrupted current loop dialling circuits. 
Figure 25 shows a feature phone using the PCD3343 CMOS 
telephone controller and the PCD3312 CMOS DTMEF 
generator with the I*C bus; a maximum of eight PCD8571 
RAMs can be used for repertory dialling, and a PCF8577 LCD 
driver with a display unit can be used for giving dialled- 
number display. Either pulse dialling or DIMF dialling can be 
used, and extra features such as last-number re-dial and ex- 
tended re-dial can easily be added. 


SEPARATED-SPEECH ARCHITECTURE 


- A set architecture with the speech functions separated from the 


dialling and control circuits, and with a two-wire connection 

between the two units, offers the following advantages. 

@ It can be used as a two-wire replacement for the conven- 
tional speech unit. 

@ Short wires between microphone capsule and the inputs of 
the speech circuit improve immunity to r.f. electromagnetic 
fields. 

The disadvantages of the separated-speech approach are as 

follows: line interface functions are necessary in both the 

speech and the dialling units; it is not possible to have con- 
fidence tone during dialling; and click-free switchover from 
dialling to speech is also not possible. 

In separated-speech architecture, no use is made of the 
MUTE, power-down and DTMF inputs. Figure 26 shows the 
application of either the TEA1060 or the TEA1061 in this 
architecture. 

Figure 27 shows the block diagram of a telephone set with 
DTMF dialling using the bipolar DITMF dialling circuits 
TEA1043 or TEA1044, Figure 28 shows a pulse dialling set 
with one of the PCD3320 family of CMOS pulse dialling 
circuits. 
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Fig.23 Basic DTMF set with common-line interface and optional 
‘flash’ 
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Fig.24 Basic pulse dialling set with common-line interface 
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Fig.25 Feature phone with common-line interface 
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Fig.26 Application of TEA10O60 or TEA1061 with separated speech functions. A piezoelectric earpiece is 
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PERFORMANCE 

Measurements made with the application circuit shown in 
Fig. 22 give an indication of the performance of the TEA1060 
or the TEA1061. A typical sample of TEA1060 was used for 
test purposes, and the results are outlined below. 


Balance return loss 

The result of the Balance Return Loss (BRL) measurement is 
shown in Fig. 29 together with the CCITT recommendations. 
The values obtained for BRL depend slightly on the value 
chosen for C3. Figure 29 is valid for C3 = 4.7 uF. A larger 
value of C3 increases BRL and a smaller value of C3 decreases 
BRL. However, C3 also determines the switch-in time of the 
circuit, the switch-in time increasing when capacitor C3 is in- 
creased. 


Electrical frequency characteristics. 

Figure 30 shows the frequency characteristic of the sending 
channel measured from the microphone inputs to the transmit- 
ter output LN. The value of R7 is 68.1 k@ giving a gain of 
52 dB for Ijjne = 15mA, and this is constant within the audio 
frequency range. The upper cut-off frequency is about 24 kHz 
(determined mainly by the time-constant R7C6) with a 600 
load at LN. 

Figure 31 shows the frequency characteristic of the receiving 
channel measured from LN to a load resistor R4 (150 &) at the 
QR-+ output, with a single-ended drive and a 10 pF coupling 
capacitor. It can be seen that with R4 = 100 kQ®, the transfer 
ratio is —7.2 dB at 1 kHz. 

The lower cut-off frequency is 120 Hz and is determined by 
the time-constant Ry_C2 of the 150 2 load R], and the coup- 
ling capacitor C2. 

The upper cut-off frequency is about 9.5 kHz and is deter- 
mined partly by R4C4 (15 kHz) and partly by the cut-off fre- 
quency of the anti-sidetone network (18 kHz). 
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The frequency response of the anti-sidetone circuit (LN to 
IR) is given in Fig.32. The cut-off frequency is about 18 kHz. 
This frequency roll-off is mainly derived from the 2.2 nF 
capacitor connected from IR to VER, which is necessary for 
r.f. immunity. 

The transfer ratio as a function of frequency between the 
microphone inputs and an asymmetrical load of 150 Q at the 
telephone output, with a 10 wF coupling capacitor, represen- 
ting the electrical sidetone at 0 km cable length (600 Q load at 
LN), is shown in Fig. 33. The measured signal at the line LN 1s 
also shown. 

Electrical sidetone suppression 1s defined as being the dif- 
ference between the measured sidetone level at the earpiece 
during transmission and the measured signal level at the ear- 
piece during receiving, with the same level at the line LN under 
both conditions; for this application, the electrical sidetone 
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Fig. 30 Frequency characteristic of microphone amplifier, bet- 
ween MIC + and MIC—, compared with LN, for the TEA1060 
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Fig.29 Balance return loss (BRL) and CCITT recommendation 
against frequency, where BRL = 20 log |(Z+Zo)/(Z—Zo)|_ in 
which Zg = 600 & 


Fig.31 Frequency characteristic of the receiving channel, com- 


paring earpiece voltage with LN 
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Fig. 32 Frequency characteristic of anti-sidetone circuit, compar- 
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Fig. 33 Frequency characteristic of electrical sidetone at O km cable 
length 


suppression at 0 km cable length is about 7.3 dB at 1 kHz. The 
result depends strongly on the balance circuit Zpaj. In this in- 
stance, Zphaj has been optimised for 5 km cable length with 
0.5 mm diameter copper, a resistance of 176 Q/km, and an 
average attenuation of 1.2 dB/km. The electrical sidetone sup- 
pression is independent of whether gain control is used or not. 
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Loudness Rating v. Line Length 


Fig. 34 Print-out of acoustic performance tests (Courtesy of 
British Telecom) 


Acoustic measurements; BSI and FTZ121R8 specifications 
Circuits with a real impedance such as that shown in Fig. 22 
have been shown to meet the electrical requirements of 
BS6317. However, the ultimate test of the suitability of a 
speech/transmission device for the U.K. market is whether cir- 
cuits with a complex impedance can be designed to meet the 
specification. In practice, this is the case, and Fig. 34 shows the 
loudness ratings plotted against line-length for one such pro- 
prietary British Telecom design using the TEA1061. We 
acknowledge the kind permission of British Telecom for the 
publication of these curves. 

Furthermore, when it is necessary to meet the German Post 
Office requirements for telephones with complex impedance, 
similar circuits using the TEA1060 can be designed, fully 
meeting the acoustic requirements of FYZ121R8 (March 
1983). 
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APPENDIX Sending conditions 
ANTI-SIDETONE BRIDGE CALCULATIONS The sending conditions can be considered in relation to the equivalent circuit 


shown in Fig.37. This can then be redrawn, using Thévenin’s theorem, to give 


Psd 3 the circuit shown in Fig.38, where: 
The circuit conditions that are necessary for optimum sidetone suppression with 


either the TEA1060 or the TEA1061 are calculated for both the special 
TEA1060/TEA1061 bridge, and also for the Wheatstone bridge. With both ; RI Ziine 


VA=- 2 
bridges, the use of either a real impedance or a complex impedance is considered. A 'm R1+Zjin oy 
TEA1060/TEA1061 BRIDGE 
The conditions during transmission with the special TEA1060/TEA1061 bridge y - RO Zbal 

B = 1m 


can be defined in relation to the circuit shown in Fig. 35 and the equivalent circuit 
in Fig. 36. 


Zpal + R8 


SLPE 
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Fig.35 Anti-sidetone circuit in TEA1060/TEA1061 bridge 
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Fig.38 Equivalent circuit of Fig.37, after application of Thévenin’s theorem 


If, in Fig.38, we can say that R2 >> |RI/Zyjjnel, then the equivalent circuit 
can be redrawn as in Fig.39. This, in turn, can then be rearranged as in Fig. 40, 














where: 
. Rt . R1Ziine Rt 
= Shy) 
- - Ry + R2 R1+Zjine R2+R; 
1S : 
Iv 
Fig.36 Equivalent circuit of TEA1060/TEA1061 anti-sidetone bridge circuit derived - 
: from circuit shown in Fig. 35 
M2014 
Fig.39 Modified equivalent circuit derived from Fig.37 with assumption that 
|R2| >> |R1/Z\ine| 
From normal bridge considerations, we can write the following. For the sen- 
ding signal on LN, if R2 >> |R1/Zyjne|, then: 
R1 Zine 4 
VLN = ~im 
R1 + Zine YB 
and for the signal on SLPE, if |R8+Zpgj| >> R9, then, M1856 
— VSLPE = imR9. Fig.40 Re-arrangement of circuit shown in Fig. 39 
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The superposition theorem can now be applied, and the signal at the input of 
the receiving amplifier is then given by the following equation: 


R2/Ry R3 + (R8/Zpa)) 
Vir = YB _ +: Ve 
(R2/R,) + R3 + (R8/Zpa)) (R2/R,) + R3 + (R8/Zpap) 


If we now substitute for the terms Vp and Vc, we obtain the following: 


Zpbal R2/Rt 
Xs 
ZbaltR8 (R2/R,) + R3+(R8/Zpa) 


VIR = ImR9 


R1Ziige : Ry : R3 + (R8/Zpa)) 
_ SNA tine pee ee a 
™ RI1+Zpal R2+R_ (R2/Ry) +R3 + (R8B/Zpal) 





im Zh 


ne a a (R2/Ry) — 
(R2//R,) + R3 + (R8/Zpa)) Zpal + R8 


Zline , Ry 


JR = 
Zink RI ROPR, 





(R3 + R8/Zpa))} 


im Rt 
Se _ X x 
(R2/Ry) + R3+(R8/Zpal) R2+Rt 





Zbal Ziine 
x {R9-———_R2 — Rl ————___ (R3 + (R8/Zpa)))}- 
Zbal + R8 Zlinet+ RJ 


The signal at the input of the receiving amplifier is completely cancelled when: 
a) R9R2 = R1(R3+ {R8/Zpa}}), 


and, 


Zbal Zline 
Zpalt+R8 Ziine+R1 


If fixed resistor values are chosen for R1, R2, R3 and R9, then condition (a) 
will always be fulfilled provided that |R8/Zpaj| << R3. To obtain optimum 
sidetone suppression, condition (b) has to be fulfilled, resulting in: 


R8 
Zbal = Ri Cline = k Ziine 


where k is a scale factor, and 
R8 = kRI. 


There are several points that should be noticed in relation to the use of these 

equations in practical circuitry. 

1) In practice, Z}jne varies strongly with the line-length and also with the type of 
cable. Consequently, an average value of Zpaj has to be chosen. 

2) The impedance Zpaj would normally be a complex one, and therefore it is 
necessary that |R8//Zpaj| << R3 to fulfil condition (a) above. The scale factor 
k is used for this purpose. 

3) The input impedance of the receiving amplifier (R;) has no influence on the 
bridge balance. 
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Receiving conditions 
The receiving conditions for the TEA1060/TEA1061 bridge can be defined in 


relation to the equivalent circuits shown in Fig. 41. 





Fig.41 Equivalent circuit of TEA1060/TEA1061 bridge under receiving conditions 


The signal at the input of the receiving amplifier is given by the following 
equation: 


Ri /(R3 + [R8/Zpal)) 


Be ene 
R2+R;:/(R3 + [R8/Zpall) EN 


VIR 


If we assume that |R8/Zpa)| << R3, then we can write the following: 


R,/R3 


Sy a 
R2+(R,/R3) LN 


VIR 


It can be seen from this that the attenuation of the anti-sidetone circuit is in- 
dependent of frequency, and also independent of the value of Zpaj under the 
conditions stated. 

It is thus possible to select a value of Zpaj to give optimum sidetone suppres- 
sion with any type of cable, without substantially affecting either the gain or the 
frequency response. 

If we now insert some realistic values into these equations we can See the prac- 
tical implications as follows. We can put R2=130 kQ, R3=3.92 k®, and 
Rt=20 k@, and then derive the attenuation of the anti-sidetone circuit from 
VIR/VLN. This gives us the value 0.024, or — 32.2 dB. 

In practical circuits, the value of R8/Zpaj cannot always be entirely ignored, 
and this means that there will be some small amount of frequency-dependence in 
anti-sidetone attenuation. However, this variation will only generally be ~0.2 dB 
over the frequency range 300 Hz to 3.4 kHz. The practical value of attenuation 
of the bridge will also be slightly lower than the theoretically calculated value. 


Frequency dependence under receiving conditions 

The theoretical variation in attenuation over the full frequency range from d.c. 
to infinity can be derived from calculations based on the equivalent circuit shown 
in Fig. 42. 
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Fig.42 Equivalent circuit for TEA1060/TEA1061 bridge for calculating frequency 
dependence under receiving conditions 





For this circuit we can write the following equations: The change from a simple real R1 to a complex impedance necessitates a new 
Rt calculation for balancing the bridge to optimise the anti-sidetone. The bridge cir- 
Vp = VLN : cuit shown in Fig. 44 takes into account the complex impedance. Using the above 
BoSRL transformation, this can be redrawn as Fig. 45 to show how the calculation is best 
and, with p=ja, handled, regarding Ry and Cy as making a constant contribution to the line im- 
Ry pedance. If we now make the substitution Zy = Ry + (1/jwCy), then the circuit in 
Zbal = Ra +————. Fig.46 can be considered. 
1+ pRpC 
and, therefore, 
VIR R3+ R8/(Rqa+ Rp/[1 + pRpC)) Rt 





Sa a i a eo x S. 
VIN  (R2/Rt) + R3+R8/(Rat Rp/[1+pRpC]) R2+Ry 


We can then calculate the attenuation for f=0 and f-© as follows. 





VIR R3+ R8/(Ra + Rp) Rt 
For f=0, a ey 
VIN  (R2/Ry) +R3+R8/(Ra+Rp) R2+Rt 
and, 
VIR R3+(R8/Raq) Ry 
For fo, Lae, 





VLN  (R2/Rt) + R3+(R8/Raq) *R24Rp 


If we now insert the practical values Ry = 130 kQ, R3=3.92 kQ, R8= 3902, 
Ry =20 kQ, Rg = 130 2, Rp = 820 Q, and C= 220 nF, this gives us an attenua- 
tion of —31.7 dB at d.c., and an attenuation of —32 dB for f>™, indicating 
that, in a practical circuit, there is very little variation even over the maximum 
possible frequency range. 


Complex impedance 

For those applications where the usual real telephone set impedance has to be 
replaced by a complex impedance, the calculations require that R1 is replaced by 
a suitable network Zc such as that in Fig. 43a. 





Fig.43 Equivalent circuit: (a) of complex impedance to replace real impedance in bridge 
circuit, and transformed version (b) for calculation 


Fig.46 Anti-sidetone circuit of Fig.45 simplified 


For Fig.43a we can write the following three equations: 


RAG Rx/Ry, This bridge can be balanced in the same way as was shown above for the 
bridge with a real impedance, but with Rx substituted for Ry and Zjine/Zy 
Rp - Rx?/(Ry + R ), : ? , 
y substituted for Zjjne. We then have the equation below. 





For the transformed version of this network, shown in Fig.43b we can write: ee im Ry o 
= (R2/Ry) + R3 + (R8/Zpaj) R2+ Rt 
Ry = Rat Rp, 
Ra 
Ry =: {R 
/ Rp ial Zbal Ziine/Zy 
% ARO —— RR? Ry (RS IRB Zpal)))}. 
Zbal + R8 (Zline/Zy) + Rx 


Cy = CpiIRB/(Ra + Rp). 
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The signal at the input of the receiving amplifier is now completely cancelled 
when: 


a) R9OR2 = Rx(R3+4+ [R8/Zpal)), 


and, 


Zbal Ziine/Zy R8 


a SS) ee Zbal = —(Z}ine/Z ); 
Zpalt+R8 = (Zjine/Zy) + Rx Ry 


which, with the substitution of k =(R8/R,) as a scale factor, gives: 


Zbal = k(Zline/Zy). 


Generally, the resistance R, is larger than the original 600 Q taken for R1, and 
this means that condition (a) above can be fulfilled only by changing the value of 
either R3, or R2, or R9. If we assume that R, >R1, then the three possible 
changes can be considered as follows. 

The first option of decreasing R3 will also increase the attenuation of the 
bridge in the receiving direction, and will also make it more difficult to meet the 
condition |R8/Zpaj| << R3. Decreasing R3 is not, therefore, a recommended 
procedure. 

The second option of increasing R2 also increases the bridge attenuation in the 
receiving direction, thus reducing the maximum obtainable gain. This reduction 
in maximum gain is normally acceptable when a sensitive earpiece transducer is 
used, but may produce poor electrical noise performance when an insensitive 
transducer is employed. 

The third option is the most acceptable; that is, to increase the value of R9. 
The slight decrease in the maximum obtainable gain in the transmitting direction 
(microphone and DTMF gain) will cause difficulty only if a very insensitive 
microphone transducer is used; an associated shift in the start and stop points of 
the gain control characteristic can easily be corrected by means of a resistor con- 
nected to the AGC pin of the TEA1060 or TEA1061. There is also a small in- 
crease of slope in the d.c. characteristic but this will be acceptable in most cases. 

Thus, with a complex impedance in the TEA1060/TEA1061 bridge, the circuit 
designer can select either the second or the third option outlined above. If neither 
of these approaches is preferred, then the Wheatstone bridge can be considered 
as an alternative approach although this will present a frequency-dependent 
transfer characteristic between the line and the input of the receiving amplifier; 
this is discussed in more detail below. 


WHEATSTONE BRIDGE 

The TEA1060 and TEA1061 can be used in the conventional Wheatstone bridge 
configuration shown in Fig.47, for which the equivalent circuit is given in 
Fig. 48. 










microphone 
amplifier and 


eis output stage 





Fig.48 Equivalent circuit of Wheatstone bridge anti-sidetone circuit 


This more widely recognised circuit is easier to design, but has frequency- 
dependent attenuation. From normal bridge considerations, we can write the 
following. If R8 >> R9, then, for the sending signal on SLPE, 


VSLPE = ImR9. 


It should be noted that, in this circuit, the function of Ra is to adjust the at- 
tenuation of the anti-sidetone circuit under receiving conditions. In the subse- 
quent calculations Ra is ignored, and so the attenuation calculated is the 
minimum value. 


Sending conditions 
The sending conditions can be considered in relation to the equivalent circuit of 
Fig.49. By Thévenin’s theorem, this can be replaced by the circuit in Fig. 50, 





where: 
R1Ziine 
VS Se 
a Te Ree Zee 
Rt 
VR = inR . 
B mm R8&+ Ry 





receiving 
amplifier 






Fig.47 Anti-sidetone circuit in Wheatstone bridge 
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-_ Fig.50 Equivalent circuit of Fig49, after application of Thévenin’s theorem 


Using the superposition theorem we can write for VyR the following equation, 


Rr Zpbal t (R1/Ziine) 
Were Ro ae ee ee 
R8+R; Zhai t (R1/Zijne) + (R8/Ry) 


R1Zyine : R8/Ry 
m ’ 
R1l+Ziine Zbal+(R1/Z)jne) + (R8/Ry) 





and, 
im Ry 
VIR a a x 
iii Zpal+(R1/Ziine) + (R8/Rp)  R8+Rz 
R1Zjine 
x {R9[Zpal + (R1/Ziine)] — TESA R8}. 
ine 


The signal at the input of the receiving amplifier is completely cancelled when the 


following conditions are fulfilled. 


R1Zjine 

R9 {Zpal t+ (R1/Zline)} = ———— R8, 
R1+ Zline 
R8 R1 Zine 


Zz +(R1/Z}; = — xX ——, 
bal + (R1/Ziine) RO RI +Ziine 


R8 R1Zhine 


am Z. = 4#—-—] ——EE 
oe es R1+Ziine 


Then, if (R8/R9) >> 1, we can write: 


R8 R1Zline 
Zbal = = X =... 
RO RI+ Zine 


This equation thus defines ‘the optimum conditions for the balance of the 
Wheatstone bridge. 


Receiving conditions 
The receiving conditions for the Wheatstone bridge can be defined in relation to 
the equivalent circuit shown in Fig. 51. 
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Fig.51 Equivalent circuit of Wheatstone bridge under receiving conditions 


The signal at the input of the receiving amplifier is given by: 


R8/Ry 


So, VEN- 
Zpal + (R8/Ry) 


VIR 


The attenuation of the anti-sidetone circuit can therefore be derived from the 
following equation: 


VIR R8/R; 


VEN  _Zbal + (R8/Rt) 


From this equation it can be seen that, for any given value of Zpaj, the at- 
tenuation is frequency-dependent because Zpa) is a complex impedance. Fur- 
thermore, if the impedance Zpq) is changed to match a different type of cable or 
a different length of cable, then the characteristic of the frequency-dependence 
must also vary; this affects the frequency response of the receiving channel, and 
also the attenuation of the anti-sidetone circuit (thus necessitating a re- 
adjustment of gain). 


Frequency dependence under receiving conditions 

The theoretical variation in attenuation over the full frequency range from d.c. 
to infinity can be derived from calculations based on the equivalent circuit in 
Fig. 52. 
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Fig.52 Equivalent circuit for Wheatstone bridge for calculating frequency-dependence under 
receiving conditions 


Zi 


Using the abbreviation p=jw, we can now write for this circuit the following 


equation: 
Rp 
Z = R, +————_. 
me tee pRpe 


The equations below can therefore be written for the attenuation: 


VIR R8/Ry R8/Ry 


VEN RatRb/(1+pRpC)+(R8/R,) Ra + (R8/Ry) + RH/(U + PRHO) 





(R8/R;)CU + pRpC) 
Ra +(R8/R;y) + Rp + PRpC(Ra + {R8/Rq}) 





We can now calculate the attenuation for f=0 and f>™, and the values at 
f=300 Hz and f=3.4 kHz by inserting the practical values Rg=9.1 kQ, 
Rp =9.1 kQ, R8=820 @, Ry = 20 kQ, and C=10 nF. This gives an attenuation 
of —27.6 dB at d.c., and an attenuation of —22 dB for f~©, indicating that 
there is significant variation in attenuation between the extreme limits of fre- 
quency. However, the value obtained for f =300 Hz is — 27.5 dB, and the value 
for f=3.4 kHz is — 23.9 dB, a variation of 3.6 dB. 

The figures just calculated are the minimum attenuation values, ignoring RA 
in parallel with the R; (see Fig. 47). If we now include Ra = 330 in parallel with 
Ry, the two limiting values are as follows. For d.c. the attenuation is —38 dB, 
and for f>© it is —32.2 dB. 


Complex impedance 
For applications where the real impedance must to be replaced by a complex im- 
pedance, the calculations require that R1 is replaced by a suitable network 
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representing Zc such as those in Fig. 43a and Fig.43b. The change from a simple 
real Rl to a complex impedance necessitates a new calculation for balancing the 
bridge to optimise the anti-sidetone attenuation. However, for the bridge circuit 
shown in Fig.53 we can adapt the balance condition derived earlier by replacing 








Fig.53 Anti-sidetone circuit in Wheatstone bridge with complex impedance 


Ri by Zc, and making the same assumption that (R8/R9) >> 1. This gives the 
following balance condition: 


R8 ZCZIine 
= x F 
RY Zc+Ziine 





Zbal 


The occurrence of Zc in the equation for Zpaj indicates the increased 
capacitiveness of Zpaj, and also gives an indication of the frequency-dependent 
nature of the transfer function between the line (LN) and the input to the receiv- 
ing amplifier (IR). 
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